The 
Introduction
The Sensing of the available spectrum is a gigantic task in the cognitive radio systems because of Interference mitigation among different primary and secondary users is only possible by making a sacrifice of a portion from transmission bandwidth. Filter Bank Multicarrier approach can serve as a near optimal tool for spectrum analysis in cognitive radio systems with increased bandwidth efficiency attainable and decreased hardware complexity as well. Some researchers in the past have made an attempt to develop an efficient two channel Quadrature Mirror Filter banks by taking into consideration their magnitude and frequency responses in the passband, stopband and transition band regions [1] . Even, the joint effect of filters and symbols introduce various characteristics in different multicarrier schemes. The survey on wireless multicarrier communications suggests a framework to design and realize newer waveforms that not only lay the basis for further enhancements in wireless radio access techniques but also, it provides a information and ways to address different practical issues involved in the frequency domain synchronization for FBMC based Transmission. Better Spectral Containment is crucial to avoid distortion from asynchronous signals in the bands which are adjacent to each other. Also, higher spectrum is necessary while doing spectrum sensing, that is the fundamental thing in cognitive radio terminology [2] .
FBMC System
In OFDM approach, the frequency selective channel can be converted into a number of subcarrier channels by using cyclic prefix and as a result, each of these subcarrier channels can be modeled as flat fading channel with constant gain. On the receiver side, the unwanted distortion and ISI can be reduced in each subcarrier band by using the concept of equalization as this holds true in case of Filter Bank based multicarrier communication systems. It has been found that out of all the multicarrier methodologies which are existing, OFDM-OQAM (i.e. FBMC) achieves the highest stop band attenuation [2] .The higher attenuation in the stop band of Filter Bank allows the channel selection filtering along with Narrowband Interference attenuation at the analysis bank in receiver, with no pre-processing except for anti-aliasing filter estimated by the sampling rate at input in analysis filter bank. As the Filter Bank gives good frequency selection for the required spectral components, it is genuine to think of an overall receiver architecture where all the signal processing functions at the baseband are performed in the frequency [1] . FBMC Prototype Filter Design (frequency domain optimized) is an interesting direction of the future studies to investigate the overall system performance. In FBMC system, the pulses that are transmitted are localized in both time and frequency domain. A multicarrier system can be described by a synthesis-analysis filter bank called Trans multiplexer Structure [3] . The synthesis filter bank comprises of parallel transmit filters and analysis filter bank comprises of all the matched receive filters. FBMC waveforms use an advanced filter design to better localize the different subcarriers. The impulse response of the prototype filter is expressed by the following equation.
where
for Overlapping factor K=4, 6, 8, 10 ;N is the number of carriers. The higher the overlapping factor is, the more localized the signal is in frequency. In fact, the fragmented spectrum can be observed as the consequence of extension to channel aggregation for mobile communication systems [4] .
Here a program is given to design a prototype filter for use in a Quadrature Mirror Filter bank. Here a two-channel filter bank has four filters, each based on a low pass prototype ( ). The analysis filters are ( ), ( ) while the synthesis filters are ( ), (z), ( )= ( ); ( )= (− ); ( )= ( ); ( )=−2 (− ) respectively.
The design procedure reduces the ripple energy and the stop band energy of the low pass filter. The design procedure is adopted by Jain-Crochiere [5] and is based on iterative cautious update optimization algorithm. When the configuration of analysis-synthesis filters is done, the overall system has an impulse response with a unit coefficient at a delay of −1 samples. The process explained here is changed to apply a cautious update during the iteration process. This procedure uses Plot Filter command to plot the frequency responses [1] .
Earlier Related Work Done
Two channesl QMF bank is a multirate filter structure which consists of two decimators in the signal analysis section and two interpolators in the signal synthesis section [5] . QMF banks find applications in automated methods for scoring tissue microarray spots [6] , image coding [7] , multicarrier modulation systems [8] , two dimensional and three dimensional short time spectral analysis of short perfect reconstruction filters [9] , antenna systems and MIMO [10] , sampling theory techniques [11] , biomedical electronics [12] , wideband beam forming for sonar and radar [13] and in solving various co-existence problems of wireless communication systems [14, 15] . The earlier related work on the design of Nearly Perfect Reconstruction two channel QMF banks [16] [17] [18] [19] [20] [21] [22] [23] [24] [25] [26] [27] [28] [29] [30] [31] can be categorized in different ways.Least Squares [16] [17] [18] and Weighted Least Squares [19] [20] [21] techniques had been applied for the filter design. Eigen value-Eigen vector approach has been proposed to find the optimum filter coefficients in time [17] [18] . Lee and Chan [18] proposed a WLS method on the basis of the linearization of objective function to get optimal filter tapping weights. Several iterative methods [21] [22] [23] [24] [25] [26] and genetic algorithm based techniques [27] [28] [29] [30] [31] have been suggested for design of two channel QMF banks. In [22] , authors have presented a technique by taking into consideration the responses of filter in pass band,stop band and in transition band regions for QMF bank. In the two channel analysis and synthesis section of QMF bank, the discrete input signal x(n) is split into two sub band signals with equal bandwidth using low pass and high pass analysis filters H1(z) and H2(z). The subband signals are downsampled by a factor of 2 to attain signal compression for reducing the complexity during processing. The outcomes of synthesis filters are added to attain the reconstructed signal x(n) which suffers from Aliasing Distortion and Phase Distortion. Hence,the main focus of attention while designing the prototype filter for two channel QMF is the removal of these errors to obtain a Near Perfect Reconstruction [18] [19] [20] [21] [22] [23] . In QMF banks,the high pass and low pass analysis filters are linked to each other by the mirror image symmetry i.e H2(z)=H1(-z), around quadrature frequency π/2.Due to this symmetry, the amplitude distortion can be reduced by optimizing the filter tapping weights of the low pass prototype filter. In the present section, we discuss an algorithm to design the two channel QMF bank with no matrix inversion which influences the performance of the optimization method used. 
QMF Bank Design Methodology
The mathematical expression for the overall system function or distortion transfer function of the alias free two channel QMF bank is expressed as [21] [22] [23] [24] [25] [26] [27] [28] [29] .
where for alias cancellation,synthesis filters are defined as:
To obtain the perfect reconstruction QMF bank, the overall transfer function T(z) must be a pure delay.i.e.
This equation shows that if the prototype filter H 1 (z) is chosen to be linear phase FIR with nil phase distortion, then to ensure linear phase FIR constraint, the impulse response h 1 [n] of low pass prototype filter H 1 (z) must be symmetrical .i.e. h 1 [n]=h 1 [N-1-n],0<n<N-1 where N is the filter length [17] . The corresponding frequency response is given by [5] as:
where A(ω)= H 1 (e jω ) is the amplitude function.If the prototype flter H 1 (z) characteristics are assumed ideal in pass band and stop band regions then the exact reconstruction condition is satisfied for 0<ω<ω p and ω s <ω<π. Here ω p and ω s are the passband and stopband edge frequencies. The constraint comes in the transition band(ω p <ω< ω s ) where Amplitude Distortion needs to be controlled. It means our motive is to optimize the coefficients of H 1 (z) such that the exact reconstruction condition is approximately nearly satisfied.
Design Implementation: A Matlab code has been run to implement the design part of prototype LPF and inference has been drawn on the basis of CPU processing time taken to run that event.The entire process here involves three steps mainly (1) ). The Design Specification: N-Number of coefficients for the lowpass prototype. f sbNormalized stop band edge frequency for the low pass prototype, where 0.25 < f sb < 0.5. AlphaRelative weighting between the stop band energy and the ripple in the overall response. An increase in alpha will lead to greater stop band attenuation in the low pass prototype. A sample filter has been designed with QMF Design (32, 0.3, 1) . The performance of the designed algorithm can be analysed through a set of observations in terms of Magnitude w.r.t. Normalized Frequency (π radians/sample), Phase w.r.t. Normalized Frequency plots which also reveal the Phase Distortion occuring at values of Normalized Frequency. The results of the used algorithm have been compared to the results obtainable in case of Jain-Crochiere [5] and S.K. Aggarwal-O.P.Sahu [31] . The following set of filter coefficients have been obtained for (0< n< N/2-1) in case of Filter (Jain & Crochiere) and subsequent set of filter coefficients obtained for O.P.Sahu et al and that obtained in case of our proposed algorithm given in Table 1 Table 5 shows the Performance Evaluation of Proposed Method for QMF design w.r.t QMF design by Earlier workers namely Jain & Croichere [5] , Sahu et al [31] . An attempt has been made to minimize the phase distortion occurring w.r.t normalized frequency and the level of stopband attenuation occurring at different instants with variable N, Fsb and Roll off factor α. Beyond N=128 with roll off factor 1, the first lobe attenuation comes around 137.784 with passband ripple of 8.1dB and phase distortion occurring at a normalized frequency of 0.60. 
Results and Discussion

Conclusion
The present study on the Design and Implementation of Efficient QMF bank for Cognitive Radio Wireless Communication highlights how the different aspects such as Aliasing Distortion, Computational Complexity, affect the Two Channel QMF bank with Analysis and Synthesis Filters as the discrete input signal x(n) gets split up into two sub-band signals with equal Bandwidth using analysis filters H 0 (z) and H 1 (z).These filters have been designed to have Near Perfect Reconstruction conditions satisfied. These subband signals are downsampled by a factor of two to achieve signal compression. The decimated signals are coded and then transmitted. At the receiver, the two subband signals are decoded and then interpolated by a factor of two and ultimately passed through low pass and high pass synthesis filters. The outputs of synthesis filters are combined to obtain the reconstructed signal y(n)=x(n). The reconstructed signal suffers from errors such as Aliasing Distortion, Amplitude Distortion and Phase Distortion because of the fact that these filters are not ideal. So here, the Amplitude distortion has been minimized by optimizing the filter tap weights of low pass analysis filter. The proposed algorithm presents improved performance in terms of reduced computation time when compared to Sahu, Jain.
Impact of Study
The present research work has its strong impact on the design of Multirate Filter banks for cognitive radio communication under ubiquitous, pervasive domain. The study can be extended to the wireless networks through the application of efficient filter banks which can be further helpful for analysis and design of future wireless radio technologies [32] [33] [34] [35] .
